A musical tone generating apparatus for an electronic musical instrument utilizing a data compression system is disclosed. This musical tone generating apparatus is basically constructed by a memory storing difference data and a data reproduction circuit. The difference data is in advance obtained by converting a musical tone signal to be reproduced to digital sample data, effecting a linear prediction operation on the digital sample data to produce prediction data and calculating the difference between the digital sample data and the prediction data. The stored difference data are sequen tially read from the memory. In the data reproduction circuit, the musical tone signal is reproduced by effect ing a reverse operation of the linear prediction opera tion on the read difference data. In the case where the musical tone signal is a periodic signal, the efficiency of the data compression is further enhanced by subtracting from each difference data to be stored in the memory that difference data which was generated one period of the musical tone signal before the generation of the each difference data. The efficiency of the data compression is more further enhanced by subtracting from each difference data that difference data which was gener ated a predetermined number of sampling intervals before the generation of the each difference data.
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MUSICAL TONE GENERATING ARPARATUS BACKGROUND OF THE INVENTION 1. Field of the Invention
This invention generally relates to a musical tone generating apparatus for use, for example, in an elec tronic musical instrument, and more particularly to such a tone generating apparatus in which a data com pression method based on the linear predictive coding is used to reduce the amount of data of tone signals.
Prior Art
There have been proposed various kinds of signal processing methods in which an analog signal is first converted into sampled digital data to allow the analog signal to be digitally processed. Such methods are widely used particularly in tone generating apparatuses provided in, for example, voice synthesizers, electronic musical instruments and data communication systems.
Among such signal processing methods, a PCM (Pulse Code Modulation) method such as one disclosed in U.S. Pat. No. 4,383,462 is known. In this PCM method, an overall waveform of an analog signal such as a tone signal is sampled at a predetermined rate and the thus obtained series of sampled digital data are stored in a memory. And, the stored data are sequen tially read from the memory and converted into analog signals to reproduce the analog signal. The PCM method is advantageous in that an exact reproduction of signal can be achieved and is therefore suitable for use in an electronic musical instrument, but has such a defi ciency that the amount of data to be stored in the mem ory is large.
To overcome the deficiency of the PCM method, various methods of reducing the amount of data, such as a DM (Delta Modulation) method, a DPCM (Differen tial Pulse Code Modulation) method and an ADPCM (Adaptive Differential Pulse Code Modulation) method, have been proposed. Even by these methods, however, the amount of data can not sufficiently be reduced to such an extent that an electronic musical instrument can employ these methods to generate vari ous musical tone signals. Also, in these methods, each data to be presently stored is formed based only on the precedingly obtained sample data and therefore in cludes unavoidable errors so that an exact reproduction of signal can not be achieved.
SUMMARY OF THE INVENTION
It is therefore an object of the invention to provide a tone generating apparatus in which the amount of data of a tone signal can be efficiently reduced.
It is another object of the invention to provide such a tone generating apparatus in which an exact reproduc tion of a tone signal can be achieved.
It is a further object of the invention to provide such a tone generating apparatus in which the amount of data of a periodic tone signal such as a tone signal generated by a monelectronic musical instrument can be stored and reproduced with a memory of a less capacity.
It is a still further object of the invention to provide a tone generating apparatus which is suitable for use in an electronic musical instrument such as a keyboard musi cal instrument.
According to one aspect of the present invention, there is provided a musical tone generating apparatus for an electronic musical instrument comprising mem ory means for storing a series of difference data each representing a difference between a corresponding one of a series of sample data of a musical tone signal and prediction data of the corresponding one of the series of sample data, the prediction data being produced by effecting a first linear operation on those of the series of sample data which have a predetermined relation of time to the corresponding one of the series of sample data; and data reproducing means responsive to each difference data outputted from the memory means for reproducing a corresponding one of the sample data, the data reproducing means adding the each of the outputted difference data to data obtained by effecting a second linear operation corresponding to the first linear operation on those reproduced sample data which have the predetermined relation of time to the each outputted difference data.
In the case where the musical tone signal is a periodic signal, the memory means may alternatively store a series of second difference data each representing a difference between a corresponding one of the series of difference data and that of the series of difference data produced at a time interval corresponding to a period of the tone signal before the corresponding one of the series of difference data. In this case, the musical tone generating apparatus further comprises second data reproducing means which comprises first delay circuit means for delaying data inputted thereto by the time interval to output delayed data, and first adder means for adding the each second difference data outputted from the memory means to the delayed data, each addi tion result being supplied to the first delay circuit means as the data and to the data reproducing means as the outputted difference data.
The memory means may alternatively store a series of third difference data each representing a difference between a corresponding one of the series of second difference data and that of the series of second differ ence data produced a second time interval correspond ing to a predetermined number of sampling intervals of the tone signal before the corresponding one of the series of second difference data. In this case, the musical tone generating apparatus further comprises third data reproducing means comprising second delay circuit means for delaying data inputted thereto by the second time interval to output delayed data, and second adder means for adding each of the third difference data out putted from the memory means to the delayed data outputted from the second delay circuit means, each addition result being supplied to the second delay cir cuit means as the data and to the first adder means as the outputted second difference data.
According to another aspect of the present invention, there is provided a musical tone data compression appa ratus for a musical tone generating apparatus of an elec tronic musical instrument comprising sampling means for sampling plural amplitude values at plural positions on time axis from a musical tone signal to be produced; and prediction means for calculating other amplitude values at the plural points by effecting a linear operation on the amplitude values, each of the other amplitude values being determined on the basis of one or ones at point or points before and after the point corresponding to the each amplitude value among the plural amplitude A musical tone generating apparatus provided in accordance with the present invention will now be described with reference to the accompanying draw ings in which like reference characters denote corre sponding parts in several views.
FIGS. 1 and 2 show a block diagram of a musical tone generating apparatus according to a first embodiment of the invention, wherein a data write section thereof for writing data representative of an analog signal into a memory M is shown in FIG. 1 , and a signal reproducing section thereof for reproducing the analog signal from the data stored in the memory M is shown in FIG. 2 .
In FIG. 1, shown at 1 is an analog-to-digital con verter (hereinafter referred to as "ADC') which sam ples an amplitude of an analog input signal F(t) such as a tone signal representative of a tone of an ordinary acoustic musical instrument at an interval defined by a clock signal db and successively converts each of the sampled input signals F(t) into a digital data or a digital sampled data F(n). The sampled data F(n) are succes sively outputted to a prediction data generating circuit 2 and a subtractor 3. The prediction data generating circuit 2 generates a prediction data. FYOn-1) based on a formula such as one given below and outputs it to the subtractor 3.
FIG. 3 shows a circuit diagram of the prediction data generating circuit 2 by way of example. In FIG. 3 , shown at 4 is a register for storing the sampled data F(n) in accordance with the clock signal db. An output of the register 4 is therefore the sampled data F(n-1) which is the sampled data generated a time period equal to one period of the clock signal db (one clock time) before the presently generated sampled data or the current sam pled data F(n). The output of the register 4 is supplied to another register 5 of the same construction as the register 4. The sampled data F(n) outputted from the ADC 1 is also supplied to a multiplier 6 which multi plies the sampled data F(n) by a coefficient of ";" and supplies the result of this multiplication to an adder 7. An output of the register 5, i. e., the sampled data F(n-2) is supplied to another multiplier 8 which multi plies the sampled data F(n-2) by a coefficient of "' and supplies the result of the multiplication to the adder 7. The adder 7 adds the outputs of the multipliers 6 and 8 together to obtain the prediction data FYOn-1) as the result of the addition.
Assuming that the analog tone signal F(t) has a wave form shown in FIG. 4 , the ADC1 outputs sampled data 4,781,096 5 F(n-1), F(n), F(n-1) and F(n+2) at times ton-1), t(n), t(n+1) and t(n+2), respectively. At the time t(n-1), the prediction data generating circuit 2 adds the sampled data F(n-1) to the sampled data F(n+1), which is supplied thereto at this instant, and divide the result of this addition by "2" to produce the prediction data FY(n) to be outputted. In a similar manner, at the time ton-2), the prediction data generating circuit 2 generates the prediction data FY(n+1) based on the sampled data F(n) and F(n+2) and outputs the gener ated data. The subtractor 3 delays the sampled data F(n-1) by a time period equal to one period of the clock pulse db or one clock time and subtracts the pre diction data FY(n-1) from this delayed sampled data F(n-1) to form a difference data D(n-1). More specif ically, the subtractor 3 calculates the difference data D(n-1) based on the following formula (2) at the time t(n) and outputs it.
As will be appreciated from FIG. 4 , the difference data D(n) is sufficiently smaller than the sampled data F(n), so that the number of bits of the difference data D(n) is also much less than that of the sampled data F(n). And in this case, the prediction data generating circuit 2 and the subtractor 3 constitute a data compression circuit 100 of this system. The difference data D(n) thus obtained in the above mentioned manner are successively stored into the memory M.
Referring now to FIG. 2, there is shown at 9 a sam pled data reproduction circuit which reads the stored difference data D(n-1) out of the memory M and re produces the sampled data F(n) in accordance with the read difference data D(n-1). This reproduction circuit 9 will now be more fully described.
Formula (3) shown below is obtained by substituting the formula (1) for the formula (2).
This formula (3) can be modified to obtain
The sampled data reproduction circuit 9 reproduces the sampled data F(n) based on the above formula (4). This reproduction operation of the circuit 9 will now be more specifically described on the assumption that first sampled data F(0) and the second sampled data F(1) of the sampled data F(n) have previously been stored in the sampled data reproduction circuit 5. The reproduc tion circuit 9 first sequentially reads the sampled data F(0) and F(1) in accordance with the clock pulse db, and then effects a calculation operation defined by the for mula (4) on the read sampled data F(0) and F(1) and the difference data D(1) read from the memory M. More specifically, the difference data D(1) is subtracted from the data F(1), and the result of this subtraction is multi plied by "2". Then, the data F(0) is subtracted from the result of the multiplication to obtain the sampled data F(2). After sequentially outputting the first and second sampled data F(0) and F(1), the reproduction circuit 9 outputs the thus reproduced sampled data F(2) to a digital-to-analog converter (hereinafter referred to "DAC') 10. Then, after a lapse of one clock time of the clock pulse db, the reproduction circuit 9 subjects the difference data D(2) read from the memory M to the calculation operation defined by the formula (4) and outputs the sampled data F(3) reproduced as the result of the calculation operation to the DAC 10. Thereafter, an operation similar to the above-described operation is repeated, and the sampled data F(n) reproduced by the operation are successively supplied to the DAC 10. In this case, the sampled data reproduction circuit 9 consti tutes a data expansion circuit 200 of this system. The DAC 10 converts each of the thus supplied sampled data F(n) into an analog signal and outputs it. Thus, an analog signal identical with the inputted tone signal F(t) is outputted from the DAC 10, although the outputted analog signal includes therein some quantization errors. With this construction, the storage capacity of the memory M required to store the data representative of the tone signal F(t) can be remarkably reduced in com parison with the conventional digital signal processing system of the type in which each sampled data is di rectly stored in a memory. Furthermore, the sampled data F(n) can be reproduced by the sampled data repro ducing circuit 9 in a simple manner.
A second embodiment of the invention will now be described.
FIG. 5 shows a block diagram of a data write section of the musical tone generating apparatus. This musical tone generating apparatus is so designed that it pro cesses a periodic signal such as a tone signal representa tive of a tone of an acoustic musical instrument, and is improved so as to be superior to the system shown in FIGS. 1 and 2 in the following two respects (1) and (2):
(1) It is well known that a tone signal representative of a tone of a musical instrument has a periodicity. The first improvement of the musical tone generating appa ratus is made in view of the periodicity of the tone signal. With the musical tone generating apparatus shown in FIGS. 1 and 2, the difference data D(n) is stored in the memory M, whereas, With the second embodiment of this invention, a difference between the difference data D(n) in the current period of the tone signal and the difference data D(n) in the preceding period of the tone signal is stored in the memory. The difference between the above two difference data D(n) is referred to as "difference data E(n)'. It is now as sumed that the tone signal F(t) representative of a tone of a musical signal has a waveform shown in FIG. 7 and that a time t00) is the time when the tone begins to be generated. In this case, a difference between a differ ence data D(K) obtained at a time tok) 1 in the first period T1 and a difference data D(K)2 obtained at a time t(K)2, which is identical in phase to the time toK)1, in the second period T2 is extremely small. Also, a difference between the difference data D(K)2 and a difference data D(K)3 obtained at a time tk)3 is extremely small. In view of this fact, with the system shown in FIGS. 5 and 6, the difference data D(n) obtained by that sampling made one period of the tone signal F(t) before the cur rent sampling is subtracted from the difference data D(n) obtained by the current sampling, and the result of this subtraction, that is, the difference data E(n), is writ ten into a memory M ( see FIG. 7 ). In the first period T1 of the tone signal F(t), there is no preceding difference data D(n), so that the difference data D(n) is the differ ence data E(n)1 to be written into the memory M.
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7 Thus, the difference data E(n) is much smaller than the difference data D(n), so that the amount of data to be stored in the memory M in this embodiment becomes much smaller than that in the system shown in FIGS. 1 and 2. Also, reproduction of the sampled data F(n) from the difference data E(n) can be established with a simple circuit as will be described later.
(2) With the apparatus shown in FIGS. 1 and 2, the prediction data FY(n) is calculated from the two sam pled data F(n-1) and F(n+1) (refer to the formula (1)), whereas with the second embodiment of the invention a prediction data FYa(n) is calculated from four sampled data F(n-2), F(n-1), F(n+1) and F(n-2). The calcu lation of the prediction data FYa(n) will now be de scribed with reference to FIG. 8. First, three prediction data P(n-1), P(n) and P(n+1) are calculated respectively from the sampled data F(n-2) and F(n-1), the sampled data F(n-1) and F(n-1), and the sampled data F(n+1) and F(n-1-2).
These calculations are carried out based on the follow ing three formulas:
The prediction data P(n-1), P(n) and P(n-1) are mul tiplied respectively by weighting coefficients of "1", "2' and '1' and the results of these multiplications are summed. The sum is then divided by "4" to obtain the prediction data FYa(n) as shown below.
The foregoing is the basic concept of the calculation of the prediction data FYa(n).
Next, by substituting the formulas (5) to (7) for the formula (8), the following formula is obtained: (9) The prediction data FYa(n) is calculated based on this formula (9).
Thus, according to this method of calculation, the prediction data FYa(n) which is much closer in value to the actual sampled data F(n) than the prediction data FY(n) in the first embodiment can be obtained. And therefore, the number of bit or the value of the differ ence data D(n) becomes much smaller. Incidentally, the aforesaid weighting coefficients can be determined by using, for example, the method of least squares so that the difference between the sampled data F(n) and the prediction data FYa(n) becomes minimum.
The construction of the musical tone generating ap paratus according to the second embodiment of the invention will now be described with reference to FIGS. 5 and 6. In FIG. 5, there is shown a data write section of the musical tone generating apparatus. The tone signal F(t) representative of a tone of a musical instrument is converted into a digital sampled data F(n) by a ADC 1 in accordance with a clock signal db and supplied to a difference data generating circuit 11. The difference data generating circuit 11, which corre sponds to the prediction data generating circuit 2 and subtractor 3 of the apparatus shown in By substituting the formula (9) for the above formula (10), the following formula is obtained: (11) The difference data generating circuit 11 calculates the difference data D(n) based on this formula (11) as de scribed below and outputs it.
Shown at 12 to 16 are serially connected registers each composed of a predetermined number of D-type flip-flops (hereinafter referred to as "DFFs") which are triggered by the clock pulse db. The sampled data F(n) are sequentially inputted to the first register 12 and shifted from one register to another in accordance with the clock pulse db. Outputs of the registers 12 to 16 are supplied to multipliers 17 to 21 to be multiplied by "', "-3', "1", "-' and "', respectively. Outputs of the multipliers 17 to 21 are added together by an adder 22 and outputted therefrom as the difference data D(n). Each of the multipliers 17 to 21 may be of a simple construction comprising a data shift circuit and adders.
Thus, at the time ton-1-2), the sampled data F(n-1-2), F(n-1), F(n), F(n-1) and F(n-2) are loaded respec tively into the registers 12 to 16, so that the adder 22 outputs the difference data D(n) obtained based on the formula (11). The construction of this difference data generating circuit 11 is identical to that of a linear-phase
The difference data D(n) outputted from the adder 22 is supplied to a + input terminal of a subtractor 23. This subtractor 23 subtracts data at a -input terminal thereof from the data D(n) supplied to the --input terminal thereof and outputs the result of this subtrac tion as a difference data E(n). More specifically, this subtractor 23 is provided for subtracting that difference data D(n) which was generated one period (one period of the tone signal F(t)) before, from the current differ ence data D(n) supplied from the adder 22 and is fed at the -input terminal thereof with data outputted from a shift register 24 through an AND gate 25. The shift register 24 is provided for holding a series of difference data D(n) for a time period equal to one period of the tonesignal F(t) and comprises a plurality of stages equal in number to the samplings made during one period of the tone signal F(t). The shift register 24 inputs the difference data D(n) and shifts them from one stage to another in accordance with the clock pulse db. The difference data D(n) inputted to the first stage of the shift register 24 is therefore outputted from an output terminal Q of the last stage thereof when a time period equal to one period of the tone signal F(t) has lapsed.
A signal IC shown in FIG. 5 is held in a "1" state during the first period T1 of the tone signal F(t), so that an inverter 27 outputs a "0" signal during the first per iod T1 to cause the AND gate to output data of '0'. As a result, the difference data D(n)1 outputted from the adder 22 during the first period T are outputted from the subtractor 23 as the difference data E(n)1. These difference data E(n)i are sequentially written into the memory M and, at the same time, sequentially supplied to an adder 28. The adder 28 adds the difference data E(n), i. e., the difference data D(n)1, to the data "0" 4,781,096 9 outputted from the AND gate 25 and sequentially supplies the results of the addition to the input terminal IN of the shift register 24, so that the difference data D(n)i are sequentially inputted to the shift register 24.
Then, the signal IC is rendered "0" at the beginning of the second period T2 and held in the "O" state thereaf ter. When the signal IC is rendered "0", the AND gate 25 opens, so that the difference data D(n) contained in the shift register 24 are supplied through the AND gate 25 to the -input terminal of the subtractor 23 as well as to the input terminal of the adder 28. As a result, during the second period T2, the subtractor 23 outputs difference data E(n)2 defined by a formula given below.
The difference data E(n)2 are sequentially written into the memory M. On the other hand, the adder 28 outputs the sum of the difference data E(n)2 and the difference data D(n)1 which are equal to the D(n)2 as shown below.
And the difference data D(n)2 are successively input ted to the shift register 24.
Thereafter, an operation similar to the above described operation is repeated, and as a result the dif ference data E(n)1, E(n)2, ... are successively stored in the memory M.
The aforesaid difference data generating circuit 11, reproducing section of this musical tone generating apparatus. The difference data E(n) read out of the memory M are supplied to one input terminal of an adder 31. The readout of the difference data E(n) is carried out in accordance with the clock pulse db. The adder 31 and a shift register 32 are provided for the purpose of reconstructing the difference data D(n) from the read difference data E(n). During the time when the difference data E(n)1 corresponding to the first period T1, i. e., the difference data D(n), are read from the memory M, the signal IC is in the state of '1', so that an inverter 33 outputs a "0" signal to cause an AND gate 34 to output data of "0". The data of "0" thus outputted from the AND gate 34 is supplied to the other input terminal of the adder 31. As a result, the difference data D(n) 1 are outputted from the adder 31 and supplied to a sampled data reproduction circuit 35 as well as to the shift register 32. This shift register 32 is identical in construction to the shift register 24 shown in FIG. 5 and sequentially stores thereinto the difference data D(n) supplied from the adder 31. Each of the thus stored difference data D(n)1 is shifted from one stage to an other in accordance with the clock pulse db and output ted from an output terminal Q of the last stage of the shift register 32 when a time period equal to one period of the tone signal F(t) has lapsed. When the difference data E(n)2 corresponding to the second period T2 begin to be outputted from the memory M, the signal IC is rendered "0". This signal IC is kept in the "0" state thereafter, so that the AND gate 34 opens to sequen tially supply the difference data D(n)1 contained in the shift register 32 through the AND gate 34 to the other input terminal of the adder 31. As a result, the differ 
The difference data D(n)2 thus outputted from the adder 31 are supplied to the sampled data reproduction circuit 35 and also sequentially inputted to the shift register 32. And thereafter, an operation similar to the above operation is repeated, so that the difference data D(n)1, D(n)2, . . . are sequentially supplied to the sam pled data reproduction circuit 35. The sampled data reproduction circuit 35 then repro duces the sampled data F(n) from the difference data D(n). As mentioned before, the difference data D(n) is formed based on the formula (11) which can be modi fied as follows: (15) The sampled data reproduction circuit 35 reproduces the sampled data F(n) based on the above formula (15).
The sampled data reproduction circuit 35 will now be more fully described. The sampled data reproduction circuit 35 comprises serially connected registers 36 to 39 each composed of a plurality of DFFs, multipliers 40 to 44 and an adder 45. It is assumed that the difference data D(2) is now outputted from the adder 31. It is also assumed that the sampled data F(0), F(1), F(2) and F(3) are stored respectively in the registers 39, 38,37 and 36 at this time, the sampled data F(0) being the first one of the sampled data F(n). In this case, the multipliers 44, 43, 42 and 41 multiply the sampled data F(0), F(1), F(2) and F(3) by coefficients of "-1', '3", "-4" and "3", respectively, and output the results of the respective multiplications to the adder 45. On the other hand, the multiplier 40 multiplies the difference data D(2) by a coefficient of "4" and supplies the multiplication result to the adder 45. And therefore, when the difference data D(n) is outputted from the adder 31, the adder 45 outputs the data shown below.
This data is the sampled data F(4), as will be appreci ated from the formula (15). Thus, when the difference data D (2) is outputted from the adder 31, the adder 45 outputs the sampled data F(4) to a DAC 10 and the input terminal of the register 36. One clock time of the clock pulse db later, the adder 31 outputs the difference data D(3) whereupon the adder 45 outputs
i.e., the sampled data F(5), since the sampled data F(4) to F(1) are stored respectively in the registers 36 to 39 at this time. In a similar manner, when the adder 31 sequentially outputs the difference data D(4), D(5), . . . , the adder 45 sequentially outputs the sampled data F(6), F(7), ... to the DAC 10. Thus, an analog signal identical to the tone signal F(t) of the tone of the musi cal instrument can be obtained at an output terminal of the DAC 10. The above-described sampled data repro duction circuit 35 is similar in construction to an IIR filter which is a kind of digital filter. Although the prediction data FYa(n) is obtained based on the precedingly sampled data F(n-2) and F(n-1) and the subsequently sampled data F(n-1) and F(n+2) in this embodiment, the prediction data FYa(n) may be alternatively obtained based only on those sam pled data which produced prior to the current sampled data.
With the structure of the sampled data reproduction circuit 35 shown in FIG. 6 , the first to fourth sampled data F(0) to F(3) are stored respectively in the registers 39 to 36 at the beginning of the reproduction of the tone signal F(t). However, the registers 36 to 39 may alterna tively be cleared at the beginning of the reproduction of the tone signal. In this case, although the tone signal with respect to the first several sampled data can not be reproduced accurately at the beginning of the repro duction operation, an accurate reproduction of the tone signal can be achieved with respect to the remaining sampled data.
With this embodiment, each difference data E(n) is obtained as a difference between a difference data D(n) in the current period of the tone signal and a corre sponding difference data D(n) in that period which is immediately before the current period. Alternatively, each difference data D(n) may be obtained based on a difference between a difference data D(n) in the current period and a corresponding difference data D(n) in a period other than the period immediately before the current period. For example, each difference data D(n) may be obtained based on a difference between a differ ence data D(n) in the current period and a correspond ing difference data D(n) in that period which is two periods before the current period or half a period before the current period. In this case, the number of stage of each of the shift registers 24 and 32 must be equal to that of the sampling points which exist between the two difference data D(n). Also, a memory such as a RAM may substitute for the shift registers 24 and 32 to delay the difference data D(n) by the desired period of time.
It should also be noted that each of the first and sec ond embodiments can be modified by adding a circuit to further reduce the amount of the data to be stored in the memory M. The circuit to be added may be a code converter which converts the difference data D(n) or E(n) into Shannon-Fano codes or Huffman codes to be stored into the memory M.
The Huffman code will now be briefly described.
In the first embodiment, values (0, -1, -2, . . . ) are generated as the difference data D(n) at different proba bilities. According to the Huffman encoding method, data having a higher probability of generation is as signed a code composed of fewer bits. The Shannon Fano encoding method is similar in concept to the Huff man encoding method. In Table 1 , the measurement of the probability of generation is made with respect to a tone signal of a non-electronic musical instrument. The "others' in Table 1 designates any difference data D(n) which is greater than +3 or less than -3, and the Huffman code corresponding to this difference data D(n) is formed by adding a code of "0001' to the difference data D(n) composed of, for example, eight bits.
In order to apply this Huffman encoding method to the first embodiment, an encoder H1 is interposed be tween the subtractor 3 and the memory M, as indicated in FIG. 1 , so that the difference data D(n) are converted into the Huffman codes shown in Table 1 FIGS. 10-(a) shows the variation of 12-bit sampled data F(n) of a tone signal F(t) representative of a trum pet tone (8'-G4; 392 Hz) of a pipe organ, wherein the tone signal F(t) is sampled at an interval of clock signal db, i.e., at a sampling rate of 35 KHz. And, FIGS. 10-(b) and 10-(c) respectively show difference data D(n) and difference data E(n) of the sampled data F(n) shown in FIG. 10-(a) . As will be appreciated from FIGS. 10-(a) to 10-(c), the magnitude of the difference data D(n) is much smaller than that of the sampled data F(n), and the magnitude of the difference data E(n) from the second period thereof is much smaller than that of the difference data D(n) . FIG. 11 shows how many times each value of the difference data E(n) is generated dur ing the first 512 samples of the tone signal F(t). For example, the difference data E(n) of "0" is generated 33 times, the difference data E(n) of "1' 40 times, the dif ference data E(n) of "2' 34 times, the difference data E(n) of "-1'58 times, and the difference data E(n) of "-2' 28 times. In FIG. 11 , those of the values of the difference data E(n) which are greater than "--11" or less than "-11" are generated only during the first period of the tone signal F(t), and those difference data E(n) of such large values are hardly generated from the second period of the tone signal F(t). The reason why the difference data E(n) of such large values are gener ated during the first period of the tone signal F(t) is that the difference data D(n) are used as the difference data E(n) during the first period of the tone signal F(t).
In the aforesaid second embodiment, the difference data generating circuit 11 shown in FIG. 5 is so ar ranged that the registers 12 to 16 are initially cleared. And the reason why the trumpet tone of a pipe organ is used in the experiment is that the trumpet tone contains 4,781,096 13 a lot of higher harmonic components and has a compli cated waveform.
A musical tone generating apparatus to which the first embodiment of the present invention is applied will now be described with reference to FIG. 12. As shown in FIG. 12 , the musical tone generating apparatus comprises the memory Min which difference data D(n) of an overall waveform of each of a plurality of tone signals F(t) are stored. In this case, difference data D(n) of a plurality of tone signals F(t) of different tone pitches are stored per each of different tone colors such as a piano tone and a flute tone. When a desired one of the tone colors is selected at a tone-color selec tion section 50, the tone-color selection section 50 out puts data TC to the memory M to designate a memory area thereof where the difference data D(n) of the tone signals F(t) of the selected tone color are stored. When a key is depressed at a keyboard 51, a key-depression detection section 52 detects the depression of the key and outputs a key code KC representative of the de pressed key together with a key-on signal KON. The key-on signal KON is kept in a "1" state during the depression of the key. An address generator 53 converts the key code KC fed from the key-depression detection section 52 into a corresponding address data AD1 and outputs it to the memory M. The address generator 53 also outputs to the memory M, from the leading edge of the key-on signal KON, address data ADD of "0' which is incremented by one at a predetermined time interval thereafter. When the address data AD1 is sup plied to the memory M, a region in that memory area of the memory M designated by the data TC is selected, the region in the memory area of the memory M corre sponding to the address data AD1. The thus selected region stores the difference data D(n) of that of the tone signals F(t) which is of the tone color designated by the tone-color selection section 50 and of the tone pitch designated by the key code KC. And, when the address data ADD is supplied to the memory M, the difference data D(n) are sequentially read out of the addresses of the selected region from its relative address "0" or the first address thereof, and supplied to the sampled data reproduction circuit 9a. As a result, the sampled data F(n) are sequentially outputted from the sampled data reproduction circuit 9a and converted into an analog tone signal F(t) by the DAC 10. The analog tone signal F(t) thus obtained is supplied to a sound system 54 which in turn amplifies the tone signal F(t) to drive a loudspeaker (not shown) to thereby produce a musical tone.
When it is desired to apply a variation of pitch such as "vibrato' to the produced musical tone, the intervals of the output of the address data ADD may be changed. In this case, the sampled data reproduction circuit 9a carries out the processing of data in synchronism with the intervals of the output of the addressed data ADD. Although the memory M stores a plurality of groups of difference data D(n) of different tone pitches per each of different tone colors in the aforesaid apparatus, the memory M may alternatively store only one group of difference data D(n) per each of the different tone col ors. Also, the memory M may alternatively store one group of difference data D(n) per a predetermined num ber of different tone pitches with respect to each of the different tone colors. In this case, the address generator 53 generates the address data ADD at a time interval determined by the key code KC. A third embodiment of the invention will now be described with reference to FIGS. 13 to 16. In FIG. 13 , a periodic analog tone signal F1 is sup plied through an input terminal T1 to the ADC 1 which converts the tone signal F1 into a digital form at a pre determined sampling rate to produce a sampled digital data F2. The sampled data F2 outputted from the ADC 1 is supplied to a subtractor 102 and a linear predictive coding circuit (hereinafter referred to as "LPC") 103. In this case, the number of samples made by ADC 1 during one period of the tone signal F1 1 is set to "m'.
The LPC 103 calculates a prediction data FY1 of the sampled data F2 using a well-known linear prediction method and comprises such a circuit as that shown in FIG. 14. In FIG. 14, blocks 110 represent delay circuits of the same construction each of which functions to delay input data thereof by a time period equal to one sampling time of the tone signal F1, as identified by "Z-1". Each delay circuit 110 comprises, for example, a register composed of a predetermined number of D type flip-flops and an output thereof is supplied to a corresponding one of multipliers 111 which are equal in number to the delay circuits 110. The multipliers 111 multiply inputs thereof respectively by coefficients all, a2, ... ap, and outputs of these multipliers 111 are added together by an adder 113 to obtain the prediction data FY1. With this LPC 103, the prediction data FY1 is calculated based only on the precedingly obtained sam pled data. However, the LPC 103 may alternatively calculate the prediction data FY1 based on the preced ingly obtained sampled data and the subsequently ob tained sampled data. In this case, a delay circuit need be interposed between the ADC 1 and the subtractor 102, as indicated by a broken line in FIG. 13 . The subtractor 102 subtracts the output of the LPC 103, i. e., the pre diction data FY1, from the output F2 of the ADC 1 and outputs the result of this subtraction as a first difference data D1. As the difference data D1 represents the differ ence between the sampled data F2 and the prediction data FY1, the difference data D1 is far smaller than the sampled data F2. Thus, the number of bit of the differ ence data D1 can be reduced to achieve a compression of information. In FIG. 13 , that portion of the circuit which comprises the aforesaid subtractor 102 and LPC 103 and is denoted by a reference numeral 104 is herein after referred to as "LPCC'.
The first difference data D1 outputted from the sub tractor 102 is supplied to a delay circuit 105 which delays the first difference data D1 by a time period equal to one period of the tone signal F1, i. e., a time period corresponding to m sampling times as identified by "Z-m'. The delay circuit 105 may comprise a m stage shift register. An output of this delay circuit 105 is supplied to a subtractor 106 which subtracts the output of the delay circuit 105 from the output D1 of the sub tractor 102 and outputs the result of the subtraction as a second difference data D2. As described above, since the tonesignal F1 is a periodic signal, the first difference data D1 also periodically varies in synchronism with the tone signal F1. And therefore, the difference be tween the presently produced first difference data D1 and the first difference data D1 produced m sampling times before, that is to say, the second difference data D2, is rendered much smaller than the first difference data D1. In other words, the number of bit of the second difference data D2 is smaller than that of the first differ ence data D1. In FIG. 13, inputted thereto is delayed by 2 m sampling times (a period of time equal to two periods of the tone signal F(t)), 3 m sampling times (a period of time equal to three periods of the tone signal F(t)), or more. Furthermore, each of the delay circuits 108 and 113 may be modified such that data inputted thereto is delayed by two sam pling times, three sampling times or more.
A fourth embodiment of the invention will now be described with reference to FIGS. 18 and 19. In FIG. 18 , the ADC1, PLPC 107 and LPCC 104 are serially connected in this order between the input termi nal T1 and the output terminal T2. The sampled data F2 outputted from the ADC 1 is first converted into a first difference data D11 by the PLPC 107 and then further converted into a second difference data D12 by the A fifth embodiment of the invention will now be described with reference to FIGS. 20 and 21.
The tone signal F1 applied to the input terminal T1 is converted by the ADC 1 into the sampled data F2 which is then compressed by the LPCC 104 to obtain a 4,781,096 17 first difference data D21. This first difference data D21 is further compressed by a PLPC 122 to obtain a second difference data D22 which is supplied to the output terminal T2. The PLPC 122 is similar to the PLPC 107 of FIG. 13 but differs therefrom in that a multiplier 123 is connected to the input terminal of the delay circuit 105 so that the first difference data D21 is multiplied by a coefficient A prior to being supplied to the delay circuit 105. The coefficient A has a value of near '1' and is set to such a value that allows an efficient com pression of data to be effected at the PLPC 122. The reason why the first difference data D21 is multiplied by the coefficient A will now be described. It is assumed here that the first difference data D21 increases at a constant rate. In this case, if the first difference data D21 is multiplied by a coefficient corresponding to the rate of increase thereof prior to application to the delay circuit 105, the difference between the current differ ence data D21 and the output of the delay circuit 105 becomes smaller. As a result, the efficiency of compres sion of data is improved. Thus, the coefficient A may be determined in accordance with the rate of variation of the difference data D21, and it is preferable that the coefficient Abe varied with the lapse of time. In FIG.  20 , the multiplier 123 may alternatively be connected to the output terminal of the delay circuit 105. In this case, if the second difference data D22 obtained at the output terminal T2 is stored into a memory, the coefficient A need be stored into the memory simultaneously. A data compression circuit 100e of this fifth embodiment is constituted by the LPCC 104 and the PLPC 122.
FIG . 21 shows a signal reproducing section of this embodiment for reproducing the tone signal F1 from the data D22 compressed by the circuit shown in FIG.   20 . In FIG. 21 , the data supplied to the input terminal T3 is converted by a PLPC demodulator 125 into a first reproduction data R21 which is identical to the afore said first difference data D21. The PLPC demodulator 125 is similar to the PLPC 117 of FIG. 15 but differs therefrom in that a multiplier 126 is connected to the output terminal (or the input terminal) of the delay circuit 116 so that the output (or the input) of the delay circuit 116 is multiplied by the coefficient A prior to application to the adder 115. The first demodulation data R21 outputted from the PLPC demodulator 125 is then converted by the LPC demodulator 118 into a second reproduction data R22 which is identical to the sampled data F2. The thus obtained second reproduc tion data R22 is further converted by the DAC 10 into an analog form to obtain the reproduced tone signal F1 which is taken from the output terminal T4.
Modified forms of the above fifth embodiment will now be described. 
FIGS. 23-(a), 23-(b) and 23-(c) show circuits formed based respectively on the above formulas (20), (21) and (22). These circuits are equivalent to the circuit shown in FIG. 22 and can therefore substitute therefor to achieve the same compression of data.
The formulas (20) to (22) 22, however it will be apparent that the transfer func tion can be expressed by various other formulas. Also, the circuits shown in, for example, FIGS. 13, 15, 18 and 19 can be modified based on the same concept.
A sixth embodiment of the invention will now be described with reference to FIGS. 24 to 26.
The tone signal F1 applied to the input terminal T1 is converted by the ADC 1 into the sampled data F2 which is first compressed by the DPCM 110 to obtain a first compressed data D31. The first compressed data D31 is supplied to a prediction data generating circuit 132. In the prediction data generating circuit 132, the first compressed data D31 is delayed by the serially connected delay circuits 105-1 to 105-p. Outputs of these delay circuits 5-1 to 5-pare multiplied by coeffi cients b1 to be by multipliers 133-1 to 133-p, respec tively. The results of the respective multiplications are added together by the adders 134-1, 134-2, . . . to obtain a prediction data FY2 which is supplied to a subtractor 135. The subtractor 135 subtracts the predic tion data FY2 from the current difference data D31 to obtain a second compressed data D32. In this case, each of the coefficients b1 to be is smaller than "1" and estab lishes the following formula (23):
The prediction data generating circuit 132 and the sub tractor 135 constitute a modified PLPC 136. The sec ond compressed data D32 is then supplied to an encoder 138, which may comprise the afore Huffman encoder or the Shannon-Fano encoder, to be further compressed. And an output of the encoder 138 is taken from the output terminal T2 and is written into a memory or transmitted to a remote terminal. In the above circuit, the DPCM 110, modified PLPC 136 and encoder 138 constitute a data compression circuit 100f of this em bodiment.
The data D31 varies periodically, as shown in FIG. 25, in synchronism with the tone signal F1. And there fore, the value of the current data D31 can be predicted from those data generated "1", "2", . . . "p' periods before the current data D31. The prediction data gener ating circuit 132 is constructed based on the above con cept, and can generate a prediction data FY2 very close in value to the current difference data D31 by setting the coefficients b1 to be respectively to proper values. It will be appreciated that the more the delay circuits 105 afe provided, the closer to the current data D31 the prediction data FY1 becomes. And, the closer to the current data D31 the prediction data FY1 is, the higher the efficiency of data compression of the modified PLPC 136 becomes. 4,781,096 19 A method of determining the coefficients b1 to be will now be described.
The coefficients b1 to be are determined using a statis tic method as hereunder described. Assuming that the respective values of the series of data D31 are: The above calculation is equivalent to the following procedure:
First, rn is obtained based on:
Then, f, is obtained as:
f=rmn (30) where; n = 1, 2, . . . p It is also well known that a linear sum of positive finite auto-correlations is positive finite. And therefore, a demodulation system (see FIG. 26 ) using the coeffici ents b1 to be is stable. The data D33 applied to the input terminal T3 is decoded by the decoder 139 into a first reproduction data R31 which is supplied to an adder 140. The de coder 139 may be a Huffman decoder or a Shannon Fano decoder. An output of this adder 140 is supplied to a prediction data generating circuit 141 of the same construction as the prediction data generating circuit 132. And an output of the prediction data generating circuit 141 is supplied to the adder 140 to form a second reproduction data R32. In this case, the adder 140 and the prediction data generating circuit 141 constitute a modified PLPC demodulator. 142. The second repro duction data R32 is then converted by the DPCM de modulator 114 into the reproduced sampled data F2 which is supplied to the DAC 10. And the reproduced tone signal F1 is outputted from the DAC 10 through the output terminal T4. The decoder 139, modified PLPC demodulator 142 and DPCM demodulator 114 constitute a data expansion circuit 200f
A seventh embodiment of the invention will now be described with reference to FIGS. 27 and 28.
The tone signal F1 is converted into the sampled data F2 by the ADC 1 and then supplied to serially con nected two DPCMs 110 to obtain a first compressed data D41. The first compressed data D41 is supplied to a signal processing circuit 143 which is composed of a plurality of PLPCs 107 connected in series. This signal processing circuit 143 further compresses the first com pressed data D41 and outputs a second compressed data D42 which is supplied to the encoder 138. The encoder converts the second compressed data D42 into a third compressed data D43 and outputs it via the output ter minal T2. In this case, the serially connected DPCMs 110, signal processing circuit 143 and encoder 138 con stitute a data compression circuit 100g of this seventh In FIG. 29 , the sampled data F2 is compressed by the LPCC 104 and supplied to a subtractor 150 as well as to the delay circuits 105a, 105 and 105b. The delay circuit 105a delays the output D51 of the LPCC 104 by "m--1" sampling times, and the delay circuit 5b delays the output D51 of the LPCC 104 by "m-1" sampling times. The respective outputs of the delay circuits 105a, 105 and 105b are supplied to a selector 151. The selector 151 selectively outputs to the subtractor 150 one of the outputs of the delay circuits 105a, 105 and 105b in accordance with data L supplied to a selection terminal SE thereof. The sampled data F2 is also supplied to a delay time control circuit 152 which determines the period of the sampled data F2 based in accordance with the variation thereof and outputs the selection data L as the result of the determination. The subtractor 150 subtracts the output of the selector 151 from the output D51 of the LPCC 104 to produce a compressed data D52.
With this arrangement, when the period of the sam pled data F2 is equal to "m--1" sampling times, the delay time control circuit 152 outputs the data L of such a value that the selector 151 feeds the output of the delay circuit 105a to the subtractor 150. On the other hand, the selector 151 supplies the output of the delay circuit 105 to the subtractor 150 when the period of the sampled data F2 is equal to 'm', and supplies the output of the delay circuit 105b when the period is equal to varies, the subtractor 150 subtracts from the current data that data which was generated exactly one period before. As a result, the efficiency of data compression is further enhanced.
It will be seen that if the data D52 is stored in a mem ory, the data L need be simultaneously stored in the 2. A musical tone generating apparatus according to claim 1, wherein said musical tone signal is a periodic signal, and wherein said memory means stores a series of second difference data each representing a difference between a corresponding one of said series of difference data and that of the series of difference data produced at a time interval corresponding to a period of said tone signal before said corresponding one of said series of difference data, said musical tone generating apparatus further comprising second data reproducing means which comprises first delay circuit means for delaying data inputted thereto by said time interval to output delayed data, and first adder means for adding said each second difference data outputted from said mem ory means to said delayed data, each addition result being supplied to said first delay circuit means as said data and to said data reproducing means as said outputted difference data. 3. A musical tone generating apparatus according to claim 2, wherein said memory means further stores variation data representative of the variation of the period of said musical tone signal together with said second difference data, said first delay circuit means varying said time interval in accordance with said varia tion data outputted from said memory means. prediction means for receiving a set of sample point values and calculating, from a subset of the re ceived set of sample point values, a predicted value of one sample point whose actual value is a member of the sample set but not of the subset; and difference generating means, coupled to the predic tion means, for generating difference information representing the difference between the predicted value and the actual value of the one sample point. 19. The data compression device of claim 18 wherein the prediction means includes means for linearly calcu lating the predicted value from the subset. 20. A musical tone reproducing device for reproduc ing the amplitude values of sampled points of a musical tone, comprising: memory means for storing difference information representing the difference between the actual am plitude value of one sample point and a predicted amplitude value for that sample point, the pre dicted amplitude value being one derived from the actual amplitude values of other sample points using a preselected predicting function; and data reconstructing means, coupled to the memory means, for generating actual data representing the actual amplitude value of the one sample point by adding the predicted value, which is derived using the preselected predicting function, to the differ ence information stored in the memory means. e s k t
